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The Performance of H263-Based Video Telephony
Over Turbo-Equalized GSM/GPRS

Peter Cherriman, Bee Leong Yeap, and Lajos Hanzo

Abstract—The performance of turbo-equalized Global System
of Mobile Communications/General Packet Radio Service
(GSM/GPRS)-like videophone transceivers is studied over dis-
persive fading channels as a function of the number of turbo

TABLE |

SYSTEM PARAMETERS

Simulation Parameters

equalization iterations. Iteration gains up to 6 dB were attained. Channel Model COST-207 Hilly Terrain
The operating channel signal-to-noise ratio (SNR) required for Carrier Frequency 900MHz
maintaining a peak SNR loss of less than 1 dB was reduced by 3.2 Vehicular Speed 30mph
dB for the one-slot system and by 4.1 dB for the four-slot system. Doppler Frequency 40.3Hz
The proposed system is capable of providing low-resolution Modulation | GMSK, B, =0.3
videophone services over GSM/GPRS. Channel Coding , Convol.(n,k.K) = (2,1,5)
Octal Generator Polynomials 23,33
Index Terms—GSM, GPRS, turbo equalization, wireless video Channel Interleavers Random (232, 928)
telephone. Max Turbo Equalisation Iterations | 10
No. of TDMA Frame per Packet 2
No. of Slots per TDMA Frame 1,4
I. MOTIVATION AND BACKGROUND Convolutional Decoder Algorithm | Log-MAP
Equaliser Algorithm Log-MAP

HE EXISTING second-generation (2G) wireless systems
[1] now constitute a mature technology. In the context of

these 2G systems, attractive value-added services can be@am) based [8] transceivers were used, in this contribution,
fered to a plethora of existing users with the advent of vidgQnstant-envelope Gaussian minimum shift keying (GMSK)
telephony. Although the 2G systems have not been designgflyas advocated. Specifically, the feasibility of H.263-based
with video communications in mind, with the aid of the speyigeo telephony was investigated in the context of an enhanced
cially designed error-resilient, fixed-rate video codecs [3]-[§],rho-equalized GSM-like system, which can rely on power-effi-
proposed by Streiet al, it is nonetheless realistic to providegient class-C amplification. The associated speech compression
videophone services over these low-rate schemes. In our piRg transmission aspects are beyond the scope of this contribu-
vious work, we designed a suite of fixed-rate, proprietary vidgy [9].

codecs [3]-[6] that are capable of operating at a video scanningrhe outline of the paperis asfollows. Section I summarizes the
or refreshment rate of 10 frames/s over an additional speegiyociated system parameters and system’s schematic, while Sec-
channel of the 2G systems. More explicitly, these video codegsn |11 provides a brief overview ofturbo equalization. Section IV
were capable of maintaining sufficiently low bit rates for th@nharacterizes the system both in terms of turbo equalization per-
provision of videophony over an additional speech channel {§rmance and video performance. Lastly, Section V provides our

the context of the operational 2G wireless systems [1], prggnciusions. Let us now consider the outline of the system.
vided that low-dynamic head-and-shoulder video-sequences of

the 176 x 144-pixel so-called quarter common intermediate
format (QCIF) or 128« 96-pixel sub-QCIF video resolution are _ o _ .
employed. We note, however, that for high-dynamic sequencesin this contribution, a Global System of Mobile Communi-
the 32 kbrs typical speech bit rate of the cordless telephone sg@tions /General Packet Radio Service (GSM/GPRS)-based [1]
tems [1], such as the Japanese PHS, the digital European cyféleophone scheme is proposed and characterized. The associ-
less telephone (DECT), or the British CT2 system, is more adéed system parameters are summarized in Table I, while the
quate in terms of video quality. Furthermore, the proposed pr@ystem’s schematic is portrayed in Fig. 1. An advanced fea-
grammable video codecs are capable of multirate operationfiie of the system is that it employs joint channel equalization
the third-generation (3G) universal mobile telecommunicatio@d channel decoding, whichiis referred to as turbo equalization
system (UMTS) [2], [1] or in the so-called IMT2000 [2], [1] and[10], [11]. The fundamental principles of turbo equalization are
cdma2000 [2], [1] systems. described in Section Il

While in [3]-[7], constant video rate proprietary video The system uses the GSM frame structure [1], and the
codecs and reconfigurable quadrature amplitude modulatioST-207 Hilly Terrain channel model, whose impulse re-

. . . . s woPonse is shown in Fig. 2. Each transmitted packet is interleaved
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' , TABLE I
— E\r{}%ed%r —»Aﬁggk%ﬁy » Channel Coding » GMSK Modulator SUMMARY OF SYSTEM-SPECIFIC BIT RATES
[} [}
"""""""""""""""""""""""""""""""""""""""""""" | Bit rates etc
i SlotssTDMA frame | 1] 4
\ & Coded Bits/TDMA slot 116 116
Channel Data BitssTDMA slot 58 58
Data Bits/TDMA frame 58 232
5 TDMA frame/packet 2 2
i Data Bits/packet 116 464
. Feedback Information Packet Header (bits) 8 10
: y CRC (bits) 16 16
- D\é&%"e, r— Dis‘;ggléﬁ%my« Joint Channel Equalisation & Channel Decoding Video Bits/packet 92 438
TDMA frame length 4.615ms | 4.615ms
TDMA frames/s 216.68 216.68
Fig. 1. System schematic for turbo-equalized video system. Video Packets per sec 108.34 108.34
Video bitrate (kbps) 10.0 47.5
: ’ . . . . Video framerate (fps) 10 10
~5r ] . . . .
2 video packet following the philosophy of [3] and [7]. This
10 prevents the local and remote video reconstructed frame buffers
:? from being contaminated by channel errors. Let us now briefly
ol5 consider the associated aspects of turbo equalization. Due to
B these measures, the associated video performance degradation
O 4 . . .
w20 was found perceptually unobjectionable for packet dropping or
25 e transmission frame error rates (FER) below about 5%, although

0 4 8 12 16 this issue will be detailed in more depth during our further
Time (us) discourse. Due to lack of space, some of the implementation
Fig. 2. COST207 Hilly Terrain channel model. details are omitted, which can be found in [3] and [7].

. . . . . [Il. OVERVIEW OF TURBO EQUALIZATION
maximum capacity of an eight-slot GPRS/GSM carrier. The bit Q

rates associated with one and four slots per TDMA frame areTurbo equalization was proposed by Douillaed al. in
shown in Table 1. 1995 [10], [11] for a serially concatenated rale = 1/2
Assuming that the processing delay is negligible, the delay @®nvolutional-coded binary phase shift keying (BPSK) system.
the system is dependent on the length of the channel interleavatecifically, Douillard et al. demonstrated that the turbo
As specified in Table |, the interleaver lengths of the one- affiualizer was capable of mitigating the effects of inter-symbol
four-slot systems are 232 and 928 bits, respectively. This corfaterference (ISI), provided that the channel impulse response
sponds to the transmission of two TDMA frames, each havif§IR) is known. Instead of performing the equalization and
a duration of 4.615 ms. Therefore, the total delay of the syste&ffor-correction decoding independently, better performance
is 9.23 ms. can be achieved by performing the channel equalization and
The effective video bitrates that can be obtained in coghannel decoding jointly and iteratively. Gertsman and Lodge
junction with half-rate convolutional coding are 10 and 47.B.2] then showed that the iterative process of turbo equalizers
Kb/s for the one and four slots per TDMA frame scenario§2n compensate for the degradations due to imperfect channel
respectively. Again, the system’s schematic is shown in Fig.@stimation. Turbo equalization schemes for the Global System
The basic prerequisite for the duplex video system’s operati6h Mobile Communications (GSM) were also investigated by
is that—as seen in Fig. 1—the channel decoder’'s outgg@uch and Franz [14], [15], and Jordan as well as Kammeyer
is used for assessing, whether the received packet contditd, [17].
any transmission errors. Since the H.263 video codec [3]The basic philosophy of the original turbo equalization
extensively employs variable-length compression techniquégghnique stems from the iterative turbo decoding algorithm
it achieves a high compression ratio. However, as with @pnsisting of two soft-in/soft-out (SISO) decoders, a structure,
entropy- and variable-length coded bit streams, its bits arhich was proposed by Berraet al. [18], [19], [11]. Before
extremely sensitive to transmission errors. This error sensitividyoceeding with our in-depth discussion, let us briefly define
was mitigated in our system by emp|oying an adapti\/e packﬁ'OW the terma priori, a posteriori and extrinsic information,
etization and packet dropping regime [3] for improving th#hich we employ throughout this paper.
error resilience of the baseline H.263 codec, which refrained A priori: Thea priori information associated with a hit,,
from using the negotiable advanced coding options of the is the information known before equalization or decoding
standard. If there were channel decoding errors, the receivercommences, from a source other than the received sequence
instructed the remote transmitter—by superimposing a strongly or the code constraints.
protected repetition-coded packet acknowledgment flag on Extrinsic: The extrinsic information associated with ajt
to the reverse-direction message—to drop the correspondingis the information provided by the equalizer or decoder based
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Fig. 3. Structure of original turbo equalizer introduced by Douilketral.[10].

Bit Error Ratio

on the received sequence and on ¢heriori information
of all bits with the exception of the received aadpriori

information explicitly related to that particular hif, . S

» A posteriori Thea posterioriinformation associated with a ! ° i | O 2lterations
bit is the reliability information that the SISO algorithm pro-  1g¢ : . | O ! teraton
vides taking into accouratll available sources of information 2 4 Chan6ne| SNI% (dB) 10 12 14

about the bituy,.

As mentioned previously, the turbo equalizer of Fig. B8ig.4. BER versus channel SNR for one and four slots per TDMA frame, and
consists of a SISO equalizer and a SISO decoder. The SIfgeyne, two, and ten turbo-equalizer iterations, over the channel of Fig. 2.
equalizer in Fig. 3 generates theposterioriprobability upon
receiving the corrupted transmitted signal sequence and thg stage, tha posterioriinformation of the source bits, which
a priori probability provided by the SISO decoder. Howevehas been generated by the decoder is utilized to estimate the
during the initial iteration stages, i.e., at the first turbo equadransmitted bits.
ization iteration, noa priori information is supplied by the
channel decoder. Therefore, thepriori probability is set to IV. TURBO EQUALIZATION PERFORMANCE

1/2, since the transmitted bits are assumed to be equiprobable. i .
Before passing the posterioriinformation generated by the Let us now characterize the performance of our video system.

SISO equalizer to the SISO decoder of Fig. 3, the contributiéiid- 4 Shows the bit-error rate (BER) versus channel signal-to-
of the decoder, which is in the form of tiaepriori information, Nise ratio (SNR) for the one- and four-slot scenarios after one,
accruing from the previous iteration must be removed, in ord®¥0; @nd ten iterations of the turbo equalizer. The figure shows

to yield the combined channel and extrinsic information. Thi§€ BER performance improvement upon each iteration of the
also minimizes the correlation between thgriori information  {UrP0 equalizer, although there is only a limited extra perfor-

supplied by the decoder and tagosterioriinformation gener- mance improvement afte_r five iterations. The figure also shows
ated by the equalizer. The term “combined channel and extrin{fi@t the four-slot scenario has a lower BER than the one-slot
information” indicates that they are inherently linked—in factcenario. This is because the four-slot scenario has a longer in-
they are typically induced by mechanisms, which exhibﬁerlgaver, wh|gh rgnders the Furbo gqua_llzatmn process more ef-
memory—and hence they cannot be separated. The remdg&Hve due to its increased time-diversity. _

of the a priori information is necessary, in order to prevent -€tUus now consider the associated packet-loss ratio (PLR)
the decoder from “reprocesing” its own information, whictyersus channel SNR performance in Fig. 5. The PLR is a

would result in the so-called “positive feedback” phenomenoff10re Pertinent measure of the expected video performance,
overwhelming the decoder's current reliability-estimation ofnce—based on the philosophy of [3], [7]—our video scheme
the coded bits. i.e.. the extrinsic information. discards all video packets, which are not error-free. Hence, our

The combined channel and extrinsic information is chann&l©@! iS to maintain as low a PLR, as possible. Observe in Fig. 5
deinterleaved and directed to the SISO decoder, as depicted{t the associated iteration gains are more pronounced in terms
Fig. 3. Subsequently, the SISO decoder computes theste- ©f the PLR thar; in the BER. Specifically, at BER 10~* and
riori probability of the coded bits. Note that the latter steps af¢ PLR = 107, the iteration gain obtained by the four-slot
different from those in turbo decoding, which only produces tHYStém after performing ten turbo equalization iterations is 2
a posterioriprobability of the source bits, rather than those di"d ° dB, respectively.
all channel coded bits. The combined deinterleaved channel anf Should be noted furthermore that for low SNRs, the
extrinsic information is then removed from theposterioriin- Packet-loss performance of the four-slot system is inferior to

formation provided by the decoder in Fig. 3 before channel if1at of the one-slot sys_te_m, while the BER is similar or be_tter
terleaving, in order to yield the extrinsic information. This is t&t the same SNRs. This is because the probability of having a

prevent the channel equalizer from receiving information basgtfg!e Pit error in the four-slot video packet is higher due to its
on its own decisions, which was generated in the previous turig2druple length. This phenomenon will be further augmented

equalization iteration. The extrinsic information computed i§ Section IV-B.
then employed as the priori input information of the equal-
izer in the next channel equalization process. This constitutds Video Performance

the first turbo equalization iteration. The iterative process is re- The video quality performance is directly related to the PLR
peated, until the required termination criteria are met [13]. Aff our video system. Fig. 6 shows the associated average peak
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Fig. 5. Video PLR versus channel SNR for one and four slots per TDMAig. 7. Video quality in PSNR (decibels) versus channel SNR for one and four
frame, and for one, two, and ten turbo equalizer iterations over the channeblsits per TDMA frame, and for one, two, and ten turbo equalizer iterations, using
Fig. 2 using convolutional coding. the low-activity “Miss America” video sequence over the channel of Fig. 2 using
convolutional coding.
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Fig. 6. Video quality in PSNR (decibels) versus channel SNR for one a

. - rI‘-(ﬁg 8. Video quality in PSNR (decibels) versus time using four slots per
four slots per TDMA frame, and for one, two, and ten iterations of the turl[’?DMA frame, and for one, two, and ten iterations of the turbo equalizer for the

equalizer upon u_sing th? highly moti_on active"‘Carphone” video sequence OY&R/-activity “Miss America” video sequence using convolutional coding.
the channel of Fig. 2 using convolutional coding.
_ TABLE I
SNR versus channel SNR performance, demonstrating that SimiMum REQUIRED OPERATING CHANNEL SNRFOR THEQCIF CARPHONE
improved video quality can be maintained at lower SNRs, as SEQUENCEQVER THE CHANNEL OF FIG. 2
the number of iterations increases. Addltlonglly, the hlgher_ bit Channel SNR for 1 dB 195 of PSNR
rate of the four-slot system corresponds to a higher overall video SIots/TDMA frame | 1 7
quality. Explicitly, up to 6-dB SNR gain can be achieved after 1 Iteration 9.0dB | 7.5dB
ten turbo equalization iterations, as seen in Fig. 6, while main- 2 Iterations 7.2dB | 5.2dB
taining a given PSNR. iilefa:!(ms g;‘;‘gg g‘ggg
H H A terations N .
Fig. 6 characterized the performance for the highly mo- 10 Iterations 53dB | 3.4dB

tion-active “Carphone” sequence. However, the performance
improvements are similar for the low-activity “Miss America”
video sequence, as seen in Fig. 7. Observe that the lov@ur-slot system at a channel SNR of 6 dB for one, two, and ten
activity “Miss America” video sequence is represented atiterations of the turbo equalizer.

higher video quality at the same video bit rate. A deeper insightSpecifically, the bottom trace of the figure shows how the
into the achievable video quality improvement in conjunctionideo quality varies in the one-iteration scenario, which is equiv-
with turbo equalization can be provided by plotting the videalent to conventional equalization. The sudden reductions in
quality measured in PSNR (decibels) versus time, as seadeo quality are caused by packet-loss events, which result in
in Fig. 8, for the “Miss America” video sequence using thearts of the picture being “frozen” for one or possibly several
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Fig. 9. PDF of bit errors per 116-bit packet for the one-slot system for a range of channel SNRs and (a) one, (b) two, (c) five, and (d) ten iteratiens over t
channel of Fig. 2.

consecutive video frames. The sudden increases in video quality Bit-Error Statistics
are achieved, when the system updates the “frozen” part of the
video picture in subsequent video frames. The PLR for this sceIn order to demonstrate the benefits of turbo equalization
nario was 10% at the stipulated SNR of 6 dB. more explicitly, we investigated the mechanism of how turbo
The video quality improved significantly with the aid of two€dualization reduces the bit error and PLRs. We found that the
turbo equalizer iterations, while the PLR was reduced from 1004stribution of the bit errors in video packets after each iteration
to 0.7%. In the time interval shown in Fig. 8, there are eight loBfovided us with interesting insights. Hence, both the PDF and
video packets, six of which can be seen as sudden reduction8 CDF of the number of bit errors per video packet was eval-
video quality. However, in each case, the video quality recovated.
ered with the update of the “frozen” picture areas in the nextFig. 9 shows the probability density function (PDF) of the
video frame. number of bit errors in each 116-bit video packet for a range of
We have found that the maximum acceptable PSNR vide@hannel SNRs and for different numbers of iterations. However,
quality degradation with respect to the perfect-channel scendlfie bar for zero bit-errors was removed to aid clarity. Therefore,
was about 1 dB, which was associated with near-unimpairathen more video packets become error-free, the height of the
video quality. In Table I, we hence tabulated the correspondiriigvisible zero bit-error bar increases, and hence the area under
minimum required channel SNRs that the system can operatéhg remaining visible bars decreases.
for a variety of scenarios, extracted from Fig. 6. As can be seerThe figure clearly demonstrates that upon each additional
from the table, the minimum operating channel SNRs for thieration the number of erroneous video packets decreases,
one- and four-slot system using one iteration is 9 and 7.5 d&d—more significantly—the number of packets having a
respectively. This corresponds to a system using conventiosadall number of bit errors decreases significantly. However,
equalization. A system using two turbo equalization iteratiortke probability of packets having a large number of errors,
can reduce these operating SNRs to 7.2 and 5.2 dB, respectivabout 40 in this case, is only marginally reduced. Therefore,
The minimum operating SNRs can be reduced to as low as a8 expected, turbo equalization can reduce the number of bit
and 3.4 dB for the one- and four-slot systems, respectively, whemors in packets having a small number of errors, and in some
invoking ten iterations. cases reduces the number of errors to zero, thereby improving
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the PLR. However, the packets having a high proportion of bit £ $ o6
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errors cannot be rendered error-free by turbo equalization. TS o5
In order to allow a fair comparison between the one- and §§ 04
four-slot system, we normalized the number of bit errors per §n\§ W
. - . 03 )0~ uall; -
packet to the video packet size, hence producing the CDF of @ﬁ coded 4-slot, 47.5 kbps
“in-packet” BER. Fig. 10 shows the CDF of the “in-packet’ & 02 8 10 llerations
BER for a channel SNR of 2 dB and for one, two, five, and ten 0.1 T aNmas]
iterations, for both the one- and four-slot systems. It should be 0 _S';*""B =
noted that the value of the CDF for an “in-packet” BER of zero ’ ’ In-packet bit error ratio ' ‘
is the probability that a packet is error-free, and hence can be in- ®)

terpreted as the packet success ratio (PSR). The PLR is equal to _ _
ig. 11. CDF of “in-packet” BER performance over the channel of Fig. 2 for

one mlnus the PSR. For example’ the f_our'SIOt systemin Fig. 5\@ turbo-equalized (a) one- and (b) four-slot system for channel SNRs of 0, 2,
at one iteration has a PSR of 0.22, which corresponds to a P&R 4 dB invoking one and ten iterations using convolutional coding.
of 78%.

Both the one- and four-slot system increase the PSR as

the number of iterations increases. For example, the four-sfcgf)bab'“ty of packets having a high "in-packet” BER is lower

system increases the PSR from 22% to 92%, as the numbe or the four-slot system. Since packets having a high “in-packet

: : - ; R have a graver effect on the overall BER than those packets
iterations is increased from one to ten. This corresponds t gvin 2 low “in-packet” BER. this explains the inferior overall
reduction in the PLR from 78% to 8%. However, the CDF (?E 9 P ’ P

“in-packet” BER can provide further insight into the system’s ER performance of the one“-'slot syst?m. .
. o . _Fig. 11 shows the CDF of “in-packet” BER for conventional
operation. It can be seen in Fig. 10 that the turbo equalizer

. . T qualization and with the aid of ten turbo equalizer iterations for
iterations reduce the number of packets having m—packeg_ 2-. and 4-dB channel SNRs. Fig. 11(a) represents a one-slot
BERs of less than 30%. However, the probability of a packet’ ' 1. P

: o N : o i stem, while Fig. 11(b) represents a four-slot system. The fig-
having an "in-packet” BER higher than 35% is hardly affecte?r/es also show the PLR performance improvement with the aid

by the number of iterations, since the number of bit error o
: . . Of turbo equalization.
is excessive, hence overwhelming even the powerful turbo
equalization.

By referring to Figs. 4 and 5, it can be seen that the four-slot
system always has a lower BER, than the one-slot system, alThe performance of turbo-equalized GSM/GPRS-like video-
though at low SNRs the PLR is higher for the four-slot systemphone transceivers was studied over dispersive fading channels
The CDF in Fig. 10 can assist in interpreting this further. Exas a function of the number of turbo equalization iterations. Iter-
plicitly, the CDF shows that the PSR improves more signifation gains in excess of 4 dB were attained, although the highest
cantly for the four-slot system, than for the one-slot system, per-iteration gain was achieved for iteration indices below five.
the number of iterations increases. This is because the four-gist expected, the longer the associated interleaver, the better
system allows the employment of a longer interleaver, therethe BER and PLR performance. In Fig. 8, it was observed that
improving the efficiency of the turbo equalizer. However, thtéhe turbo-equalized system was capable of reducing the number
CDF also underlines a reason for the lower BER of the four-slof erroneous packets, compared to the conventional nonitera-
system across the whole range of SNRs, demonstrating thattilie equalization and decoding scheme. Furthermore, Table 11|

V. SUMMARY AND CONCLUSIONS
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